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L.L. Grace introduces our latest product, the DSP-12 Multi-Mode Communications Controller. The 
DSP-12 is a user programmable, digital signal processing (DSP) based communications controller. 

FEATURES 

• It's a TNC 
• Multi-tasking operating system built in 
• PC-compatible (V40) architecture allows devel¬ 

opment of custom applications using normal 
PC development tools and languages 

• Motorola DSP56001 DSP processor 
• Serial interface speeds from 110 to 19200 bps 
• Optional 8-channel A-to-D & DAC for voice 

and telemetry applications 
• 12-bit conversion architecture 
• V40 source code and schematics available 
• RAM expandable to one megabyte. Useable for 

mailbox feature, voice mail and development 
• EPROM expandable to 384k bytes 
• Low power requirements: 10-15vdc, 750ma 
• 3 analog radio connectors. RX & TX can be 

split in any combination. Programmable tuning 
outputs are available on each connector 

• Many modems available in the basic unit, 
including Packet, RTTY, ASCII, and PSK modems 
for high speed packet and satellite work 

• Both V40 and DSP programs can be down¬ 
line-loaded from your PC or a bulletin board. 
You can participate in new development! 

• Built in packet mailbox 
• V40 and DSP debuggers built in 
• Open programming architecture 
• Free software upgrades 
• Low cost unit 
• Room for future growth 

APPLICATIONS 

• HF Packet 
• HF RTTY & ASCII, including inverted mark/space 

and custom-split applications 
• VHF Packet 
• 400bps PSK AO-13 satellite telemetry 
• 1200bps PSK (satellite & terrestrial packet) 
• 9600bps direct FSK (UO-14/UO-22) 
• ARINCACARS 
• 6 PSK speeds from 75 to 1200bps 
• UO-11 telemetry 

CUSTOM APPLICATIONS 

• Voice compression 
• Telemetry acquisition 
• Message Store-and-Forward 
• Voice Mail 

COMING ATTRACTIONS 
(Remember, software upgrades are free!) 

• WEFAX and SSTV demodulators 
• NAVTEX 
• AMTOR and SITOR 
• Multi-tone Modems 

Commercial inquiries are welcomed. We offer rapid prototyping of custom commercial, civil, and government 
applications including intelligent radio, wireline, and telephone modems. 

DSP-12 Multi-mode Communications Controller . $ 695.00 
One Megabyte RAM Expansion Option . 99.00 
Date/Time Clock Backup Option . 39 00 
8-Channel A-To-D Telemetry/Experimentation Option . 49.00 
Wall-Mount Power Supply for DSP-12 (110 vac). 39.00 

We accept MasterCard & VISA and can ship COD within the USA. All orders must be paid in US Dollars. 
Shipping & Handling: $10 ($30 International). Prices subject to change without notice. 

L. L. Grace Communications Products, Inc. 
41 Acadia Drive, Voorhees, NJ 08043, USA 

Telephone: (609) 751-1018 
FAX: (609) 751-9705 

CompuServe: 72677,1107 2/92 

L. L. Grace also manufactures the Kansas City Tracker family of satellite antenna aiming systems. Call or write for more information. 
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THE AMERICAN RADIO ML 
RELAY LEAGUE W 
The American Radio Relay League, Inc, is \y 
a noncommercial association of radio amateurs, 
organized for the promotion of interests in Amateur 
Radio communication and experimentation, for the 
establishment of networks to provide communi¬ 
cations in the event of disasters or other 
emergencies, for the advancement of radio art and 
of the public welfare, for the representation of the 
radio amateur in legislative matters, and for the 
maintenance of fraternalism and a high standard of 
conduct. 

ARRL is an incorporated association without 
capital stock chartered under the laws of the state 
of Connecticut, and is an exempt organization 
under Section 501(c)(3) of the Internal Revenue 
Code of 1986. Its affairs are governed by a Board 
of Directors, whose voting members are elected 
every two years by the general membership. The 
officers are elected or appointed by the Directors. 
The League is noncommercial, and no one who 
could gain financially from the shaping of its affairs 
is eligible for membership on its Board. 

“Of, by, and for the radio amateur,” ARRL 
numbers within its ranks the vast majority of active 
amateurs in the nation and has a proud history of 
achievement as the standard-bearer in amateur 
affairs. 

Taking (Un)attendance 
Much of packet radio as we ed only about 500 responses. Whether 

know it today consists of a network of 
linked store-and-forward message 
systems—bulletin boards—scattered 
around the nation and the world. 
Where possible, these systems com¬ 
municate via VHF packet links to for¬ 
ward messages. Where VHF links 
are not possible or aren’t practical 
because of the delay of passing a 

or not you responded to that survey, it 
is now time to stand up and be count¬ 
ed. Let your Director (see page 8 of 
QST) know what you think should be 
done about this issue. It’s too impor¬ 
tant for you to leave it to others and 
hope for the best. 

This Month in QEX 
A bona fide interest in Amateur Radio is the only 

essential qualification of membership; an Amateur 
Radio license is not a prerequisite, although full 
voting membership is granted only to licensed 
amateurs in the US. 

message through multiple hops, often 
HF packet links are used instead. For 
the past five years, much of the US 

Digital signal processing is the 
“hot ticket” today in amateur radio— 
and other communications technolo- 

Membership inquiries and general 
correspondence should be addressed to the 
administrative headquarters at 225 Main Street, 
Newington, CT 06111 USA. 

Telephone: 203-666-1541 Telex: 650215-5052 
MCI. 
MCI MAIL (electronic mail system) ID: 215-5052 
FAX: 203-665-7531 (24-hour direct line) 

Canadian membership inquiries and 
correspondence should be directed to CRRL 
Headquarters, Box 7009, Station E, London, ON 
N5Y4J9, tel 519-660-1200. 

traffic forwarded on HF occurred 
under the auspices of a special tem¬ 
porary authority (STA) issued by the 
FCC to the ARRL. The administration 
of this STA by the League has 
allowed over 100 digital stations to 
operate without a control operator 
present for the purpose of forwarding. 

gies. A fascinating look into DSP 
filtering techniques is presented in, 
“Using The LMS Algorithm for 
QRM And QRN Reduction,” by 
Steve Reyer, WA9VNJ and Dave 
Hershberger, W9GR. This article is a 
companion piece to an article pub¬ 
lished this month in ARRL’s flagship 

Officers 
President: GEORGE S. WILSON III. W40YI 

1649 Griffith Ave, Owensboro, KY 42301 

Executive Vice President: DAVID SUMNER, K1ZZ 

Purpose of QEX: 

1) provide a medium for the exchange of ideas 
and information between Amateur Radio 
experimenters 

2) document advanced technical work in the 
Amateur Radio field 

The STA is soon coming to an 
end. The operations that are taking 
place under the STA are a clear ben¬ 
efit to the forwarding network since 
there is no other reliable real-time, 
long-distance data relay mechanism 
available to Amateur Radio. The 
League has proposed the establish- 

publication, QST. We hope to do 
more such companion pieces in the 
future, allowing authors the opportu¬ 
nity to expand on the technical 
niceties of their projects in QEX when 
QST page space limitations don’t per¬ 
mit detailed coverage there. 

Long-time amateur satellite oper¬ 
3) support efforts to advance the state of the 

Amateur Radio art 

All correspondence concerning QEX should be 
addressed to the American Radio Relay League. 
225 Main Street, Newington, CT 06111 USA. 
Envelopes containing manuscripts and 
correspondence for publication in QEX should be 
marked: Editor, QEX. 

ment of rules for HF digital (RTTY and 
data) stations allowing unattended 
response to communications initiated 
by an attended station, but not unat¬ 
tended initiation of communications in 
the hope that this will allow the bene- 

ators may remember the 4x3x5 

mode-J filter used with OSCAR 8. 
The advent of later mode-J birds, 
such as AMSAT’s microsats, has 
reawakened interest in this design. 
This month, ARRL Technical Advisor 

Both theoretical and practical technical articles 
are welcomed. Manuscripts should be typed and 
doubled spaced. Please use the standard ARRL 
abbreviations found in recent editions of The ARRL 
Handbook. Photos should be glossy, black and 
white positive prints of good definition and contrast, 
and should be the same size or larger than the size 
that is to appear in QEX. 

Any opinions expressed in QEX are those of the 
authors, not necessarily those of the editor or the 
League. While we attempt to ensure that all articles 
are technically valid, authors are expected to 
defend their own material. Products mentioned in 
the text are included for your information; no 
endorsement is implied- The information is believed 

to be correct, but readers are cautioned to verify 
availability of the product before sending money to 
the vendor. 

fit of HF forwarding to continue while 
avoiding the potential problems of 
unrestricted unattended operation. 

Not everyone is happy with this 
proposal. Some want no unattended 
digital operation; some want unlimited 
unattended operation; some want a 
mix. There has been a great hue and 
cry since the League’s position was set 
forth at the July 1992 meeting of the 
Board of Directors. But when a survey 
in the January 1992 QST requested 
direction from the membership, it elicit- 

and AMSAT stalwart Dick Jansson, 
WD4FAB, describes a new kit imple¬ 
mentation of the filter in, “The 4x3x5 
Filter—Revisited.” 

AM lives, and synchronous 
detection promises to help it live a 
fuller, richer life as ARRL Laboratory 
Engineer Mike Gruber, WA1SVF, 
reports in, “Synchronous Detection of 
AM Signals.” Mike presents a com¬ 
plete theoretical discussion as well as 
practical circuits.—KE3Z, email: 
jbloom@arrl.org (Internet) 
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Using The LMS Algorithm For QRM and 
QRN Reduction 

By Dr. Steven E. Reyer, WA9VNJ and 
PO Box 17821 
Milwaukee, Wl 53217 
e-mail: reyer@kirk.msoe.edu (Internet) 

David L. Hershberger, W9GR 
PO Box 2163 
Nevada City, CA 95959 
e-mail: dlh@gvgdsd.gvg.tek.com (Internet) 

In the September 1992 issue of QST, the article “Low Cost Digital Signal Processing for the Radio 
Amateur” describes an automatic notch filter and noise reduction filter using digital signal processing tech¬ 
niquesThis article presents the mathematical basis for the system. 

Conventional notch filters built from op-amps, resis¬ 
tors, and capacitors are difficult to make variable. 
Depending on the circuit, compromises usually 

must be made with filter order, the number of ganged 
variable components, and notch bandwidth and depth as 
a function of tuning. Making an analog notch filter auto¬ 
matic has further trade-offs of acquisition time and Q ver¬ 
sus sensitivity. Even if a switched capacitor filter is used, 
it is hard to make analog filters quickly and effectively 
track moving carriers. And an analog notch filter gener¬ 
ally will only remove one interfering tone at a time. 

In the area of noise reduction, although convention¬ 
al analog noise blankers can successfully remove high- 
amplitude impulse noise, analog techniques have not 
been particularly effective at removing low level back¬ 
ground QRN. 

The solution? Digital signal processing (DSP)! These 
methods use a microcomputer to process the signals, 
allowing the desired flexibility at a reasonable cost. The 
proper choice of algorithm will create a fast, nearly com¬ 
plete cancellation of any periodic interference—multiple 
carriers, keyed CW, etc. It will also allow unusually effec¬ 
tive reduction of background QRN. 

The specific area of DSP applied here is called adap¬ 
tive filtering. This involves computer-implemented filters 
that adapt themselves to incoming signals, enhancing 
the signal’s desirable properties. Other applications of 
adaptive filters include active electronic mufflers for auto¬ 
mobiles, ventilation system noise reduction, and cockpit 
sound reduction in helicopters. These powerful tech¬ 
niques are applied here in a ham radio environment—to 
cancel received audio interference. 

Adaptive Filters 

There are two basic methods for implementing adap- 

'Notes appear on page 8. 

tive filters. They depend on whether or not a reference 
signal for the interference is present. In the ventilation 
system example, a microphone could be placed 
“upstream” to obtain a sample, or reference, of the 
offending sound. This could be used to create an invert¬ 
ed cancellation signal “downstream,” perhaps in a room 
where the noise is offensive. Production of the inverted 
signal then cancels the offensive sounds. The availabil¬ 
ity of such a reference is very helpful in designing the 
system. 

A system with no reference is a much bigger chal¬ 
lenge. A received SSB audio signal, corrupted by a car¬ 
rier, has the voice and interference combined. While a 
human can describe which is which just by listening, mak¬ 
ing a computer algorithm determine the difference, espe¬ 
cially when the interference is changing, requires a clever 
approach. The important factor is that the carrier is 
strongly correlated (periodic over a long term) and the 
voice is not. If the voice and carrier are delayed by a frac¬ 
tion of a second, the carrier will still “look” the same, but 
the voice won’t. This factor allows an adaptive filter to 
discern the difference with no separate reference signal 
required. 

The block diagram of Fig 1 shows how the system 
operates. The transmitted signal is subject to a periodic 
interference. This corrupted received signal (typically 
voice plus interfering carrier) then enters a subtraction 
block, where the signal through the lower path is sub¬ 
tracted from the corrupted signal. The lower path serves 
to isolate the interference, so it can be removed from the 
corrupted signal, leaving only the desired signal. The trick 
is to design the lower path so it properly passes only the 
interference. 

If the interference is considered to be any periodic 
signal, the lower path will take the form of a bandpass 
filter, passing this signal. This filter is shown as an FIR 
(finite impulse response) digital filter. The FIR filter, 
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Periodic 

Interference 

Fig 1—Block diagram of the interference reduction sys¬ 
tem. Note that no interference reference signal is used. 

Fig 2—Signal-flow diagram of an FIR filter. x(n) repre¬ 
sents the nth input sample and y(n) represents the nth 
output sample. 

sometimes called a transversal filter, is a numerical tech¬ 
nique operating on the samples of the incoming, cor¬ 
rupted, delayed signal. The FIR implementation is that 
of numerical convolution. Convolution, the mathematical 
process by which systems affect signals, can be imple¬ 
mented numerically in a DSP microcomputer. Thus the 
computer implementation becomes the filter itself. If the 
FIR filter can be made to change its characteristics, it can 
be part of an adaptive filter. 

The lower path also includes the delay to decorre¬ 
late the voice signal. This delay comprises multiple sam¬ 
ples, and its length is determined empirically. 

The FIR Digital Filter 

Fig 2 shows a finite impulse response digital filter. 
The samples enter the process from the left, and pass 
through the single-sample delays (or memory locations) 
as the sample clock ticks. At each tick of the sample 
clock, the delay memory values are shifted toward the 
right. Each of these samples are then weighted (multi¬ 
plied) by the h values and the result is summed, provid¬ 
ing the filter output. It is well known that such a process, 
with carefully chosen h values (called the unit pulse 
response), can implement lowpass, bandpass, highpass, 
and other common filter types. The sampling rate must 
be chosen to satisfy the sampling theorem.2 

If the actual interference frequency were known, 
the unit pulse response values could be chosen and 
fixed. However, the interference can change, and so 
must the pulse response. Fortunately, these h values are 
simply numbers, not component values, and can be 
altered thousands of times per second. In fact, they can 
be changed after every sample, in order to adapt to the 
incoming interference. 

The LMS Algorithm 

The method for adapting the h values depends on 
how well the subtraction process is removing the inter¬ 
ference. A common algorithm used for this purpose is 
called the least mean squares (LMS) algorithm.3 

The LMS algorithm states that after each sample, x, 
the difference between the input and the developing can¬ 
cellation signal should be found. It is called e, for “error." 
Now, each h value should be adjusted by adding an 
amount proportional to the product of e and the particu¬ 
lar x which was used in association with that h. In other 
words, 

^new = ^old + ^uex 

This operation is performed for each h value. The 
scale factor, 2 u, controls the rate of convergence of the 
algorithm, and is adjusted empirically. The proof of the 
validity of the LMS algorithm is mathematically quite com¬ 
plex, but a certain intuitive feel can be gained from a sim¬ 
ple example. 

Suppose the only input is a pure sine wave. Ideally, 
the system should adapt and cancel it. Further assume 
the FIR coefficients (h) and the filter data values (x) are 
initially set to zero. The samples will arrive immediately 
at the subtracter with nothing to cancel them. For a while, 
they exit the system unattenuated. No change will occur 
in the h values, since there are no nonzero x values in 
the filter. Ultimately, samples will pass through the delay 
block in the lower path, and enter the FIR filter. Finally, 
there are nonzero x values which cause changes in h. 
The x values in the filter are samples of a sine wave. So 
the correction applied to each h looks like a scaled ver¬ 
sion of this sine wave and the set of h values starts to 
approximate this sine wave. The process continues until 
the error, e, becomes so small that no further changes 
occur. Fortunately, having the error become small is the 
same as cancelling the sine wave, since the error is the 
adaptive filter output. 

This property where the filter coefficient set has the 
same appearance as the waveform to be cancelled is 
sometimes called a “matched filter." It is known that such 
a filter has bandpass properties. In some cases, espe¬ 
cially in the presence of a solitary pure tone, as above, 
the coefficients will adapt until such time that the error is 
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negligible, but the result may not have the appearance 
of a matched filter. Rather, it may approximate some 
other type of bandpass filter. With the addition of a 
speech signal, there is enough sample-to-sample varia¬ 
tion that the filter is constantly attempting to adapt. Also, 
recall that the presence of the delay block decorrelates 
the speech, so the filter will not be successful at can¬ 
celling this desired signal. 

Choosing the convergence factor, 2u, is typically 
done empirically. If it is too small, the h values are 
changed very slowly. Worse, computation errors in deal¬ 
ing with such small numbers may prevent them from 
being changed at all. If 2u is very large, convergence can 
occur rapidly. Unfortunately, the system will respond rad¬ 
ically to any slight error output, and may even adapt to 
the speech itself. A midpoint value is the best compro¬ 
mise. The specific method for choosing 2ufor this sys¬ 
tem is presented later in this article. 

What we have now is an automatic notch filter. By 
making some minor changes, we can change this into a 
noise rejection (“denoiser”) filter. The LMS algorithm as 
described so far is used to reject correlated parts of the 
signal (pure tones) and to pass less correlated signal 
components (speech). The LMS algorithm may be used 
to perform the opposite function, of accentuating the 
somewhat correlated parts of the signal (speech) and 
rejecting the uncorrelated components. Here the objec¬ 
tive would be to pass somewhat repetitive voice compo¬ 
nents and to reject completely uncorrelated signals such 
as hiss and thermal noise. To accomplish this, several 
things are done. First, the output of the FIR filter is taken 
as the system output. Second, the convergence param¬ 
eter 2u is chosen differently. Third, the length of the delay 
line is adjusted (shortened) to recognize speech signals 
as correlated. 

Correlation is a relative term. Pure sinusoidal tones 
(carriers) have the highest degree of correlation. Voice sig¬ 
nals have somewhat correlated components (slow drawls 
and sustained vowel sounds such as “e-e-e-e-e”), and less 
correlated components such as sibilant and fricative “s,” 
“ch,” and “k” sounds. Examples of uncorrelated, non- 
repetitive sounds include white noise, thermal noise, stat¬ 
ic crashes, etc. By controlling the various LMS algorithm 
parameters, the system can be made to discriminate 
between highly correlated tones and somewhat correlat¬ 
ed speech (autonotcher), or between somewhat correlat¬ 
ed speech and highly uncorrelated hiss (denoiser). 

In an automatic notch application, making 2u too 
large will cause the LMS algorithm to attack and remove 
the most correlated components of voice signals, 
adversely affecting intelligibility. Making 2utoo small will 
result in slow carrier acquisition and a tendency to let all 
but the strongest carriers slip through. 

Similarly, making the delay line too long will cause 
noticeable speech echoes and make it harder to track 
moving carriers. A delay line which is too short will blur 
the distinction between speech and unwanted tones. 

In summary, traditional fixed analog filters discrimi¬ 
nate between wanted and unwanted signals based on 
their frequency. The LMS algorithm, on the other hand, 
discriminates between wanted and unwanted signals as 
a function of their degree of correlation. The LMS algo¬ 
rithm may be operated to favor either the more correlat¬ 
ed or more uncorrelated parts of the signal. 

Although the LMS algorithm can provide some 
enhancement of voice signals by rejecting noise (uncor¬ 
related) or tones (highly correlated), there are some 
things it cannot do. Rejection of off-frequency SSB inter¬ 
ference or its intermodulation products is not an appli¬ 
cation of LMS, because these unwanted signals 
generally have the same degree of correlation as the 
desired voice signal. 

Some hams have asked whether the LMS denoiser 
mode would be effective on FSK signals like RTTY and 
HF packet. The LMS denoiser works by forming band¬ 
pass filters around the most significant spectral lines in 
the signal. These bandpass filters in general will not be 
linear-phase filters, and consequently the data pulse 
shapes may become distorted. If a signal is HF packet, 
RTTY, or AMTOR, then we have a priori knowledge of 
the signal spectrum, and a fixed linear phase FIR filter 
could be designed and optimized for the specific signal 
type. This approach would be superior to the filtering per¬ 
formed by LMS. 

LMS Algorithm Improvement via 
“Coefficient Decay” 

We have developed a further modification to the LMS 
algorithm which we are calling “coefficient decay.” This 
enhancement to the basic algorithm improves its perfor¬ 
mance in ham applications. Practical experimentation 
has revealed an unwanted side effect of the basic LMS 
algorithm. When the 2uconvergence parameter is made 
aggressive (large), there is a “noise buildup” effect where 
hiss components are noticeably amplified. This phe¬ 
nomenon is due to the lack of a recovery mechanism in 
the “textbook" LMS algorithm. That is, when the input sig¬ 
nal goes to zero, the h coefficients of the standard LMS 
algorithm will not change, and when there is a lot of noise 
in the signal, the coefficients will tend to wander aimlessly 
and may become quite large, increasing the unwanted 
noise part of the signal. The LMS algorithm may be 
enhanced by adding a subtle tendency of the h coeffi¬ 
cients to return to zero by making the recursion formula: 

ft new = O'^^old + 2uex 

where d (the decay parameter) is much smaller than 
one. A typical effective value for d is 0.00004, which 
makes 1 -d about 0.99996. Using this value for d, in the 
absence of an input signal it takes about 17,000 itera¬ 
tions of the LMS coefficient adjustment recursion formu¬ 
la above for 7? to decay to one half of its original value. In 
other words, introduction of this coefficient decay mech¬ 
anism gives the LMS algorithm a way to slowly recover 
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and reset itself over a period of several seconds. A side 
effect of coefficient decay affecting the denoiser mode is 
a slight amount of volume expansion. Because expan¬ 
sion is itself another noise reduction method, this side 
effect is actually beneficial. 

Simulation 
Unlike analog filters, whose design is methodical and 

straightforward, design of an LMS filter involves a lot of 
subjective evaluation and experimentation. Listening 
tests using various kinds of real signals are essential. 

Once parameter values for delay line length, con¬ 
vergence factor 2u, decay factor d, filter length n, and the 

Sequential Tone Interference 
1000 Hz and 1500 Hz for 25 ms. each 

Time (ms) 

Fig 3 

Speech with Tone Interference 
1000 Hz Carrier Tone 

sampling rate are all determined, it remains to verify that 
the LMS algorithm is operating as expected through sim¬ 
ulation. 

Results of these simulations are presented here. 
These simulations were performed by executing the actu¬ 
al TMS320C10 code developed for the hardware in the 
QST article mentioned earlier, using a developmental 
TMS320C10 simulator which runs on IBM PCs. 

Fig 3 shows the LMS software in the autonotcher 
mode in response to a burst of signal at 1000 Hz followed 

immediately by a burst at 1500 Hz. As shown, the LMS 
algorithm adapts within a small number of cycles to the 
unwanted tone. As the tone changes frequency, the LMS 
algorithm must adapt again. The short intervals of 
sinewave cycles during the adaptation period sound like 
“clicks.” 

The system is still effective in the presence of a 
speech signal, simulated by random noise. Fig 4 shows 
an unwanted tone being eliminated while the speech- 
type signal is allowed to pass. 

Fig 5 shows the frequency response of the notch pro¬ 
duced by the LMS algorithm in response to the speech- 
plus-tone signal. Note that there are some additional 
notches produced of lesser depth than the desired notch. 
All notches are quite narrow, resulting in a minimal effect 
on the speech signal. 

Fig 6 shows the impulse response of the FIR filter, 
which resembles a time domain “snapshot” of the unde¬ 
sired signal. This clearly illustrates the “matched filter” 
concept described earlier. 

The next two figures show the operation of the LMS 
algorithm in the noise reduction mode. Fig 7 shows the 
three plots of the LMS algorithm operating on a tone plus 
wideband noise; the top trace shows the overall system 
frequency response. The lower two traces show the 

Notcher Frequency Response 
after adaptation to 1000 Hz + speech 



FIR Filter Unit Pulse Response 
24 tap; fs=16611 Hz 

Fig 6 

spectrum of the input signal superimposed on the spec¬ 
trum of the output signal. The system frequency response 
is found by comparing the simulated input and output 
response levels. (Because of the 8-bit I/O precision, 
some of the spikes in the top trace may be disregarded 
as they represent the difference between two very small 
numbers with large rounding errors.) You can see that 
the 1000-Hz tone has been passed at full amplitude while 
the wideband noise away from the desired signal com¬ 
ponent has been reduced by as much as 10 to 15 dB. 
The received signal-to-noise ratio can therefore be 
improved by signal processing at the receiver instead of 
requiring the transmitting station to increase power. 

Fig 8 shows the actual frequency response charac¬ 
teristic achieved by the system in the above simulation. 
It is determined by examining the FIR coefficients and 
computing the effective overall system frequency 
response after adaptation. The plot shows how a band¬ 
pass filter is automatically formed by filter adaptation 
around the 1000-Hz correlated signal component. 

Practical Results 

We have come to some observations through our 
use of LMS in our everyday amateur operations. The 
automatic notch mode operates very quickly to eliminate 
CW interference. Acquisition time is much faster than a 
commercial analog automatic notch filter we have exper¬ 
imented with. A swept analog automatic notch filter can 
only look at one narrow band of frequencies at a time. If 
a carrier comes on frequency, it will not be eliminated 
until the swept notch happens to encounter it (which may 
take a second or more). The LMS algorithm, on the other 
hand, is constantly evaluating the entire audio spectrum 
and there is no waiting for a sweep to encounter the inter¬ 
ference. LMS autonotch acquisition time is measured in 
milliseconds. 

Noise Reduction Mode Spectra 
Input = 1000 Hz+random broadband signal 

Fig 7 

FIR Noise Reduction Filter 
Input = lOOOHz+random broadband signal 

Fig 8 

Although the automatic notch mode of the LMS algo¬ 
rithm quickly gets rid of carriers, we find that HF listen¬ 
ing is made much more pleasant by using the denoising 
mode most of the time. Only when the frequency is under 
siege by tuner-uppers and CW interference do we 
change over to the autonotcher mode. 

Noisy FM signals are also cleaned up by the LMS 
denoising mode. We have found that a noisy FM repeater 
provides a most dramatic demonstration of the capabili¬ 
ties of LMS, perhaps due to the nature of FM where, 
unlike HF SSB, the background hiss-type noise is con¬ 
sistently present. 

HF CW is also improved by LMS denoising, how¬ 
ever at high speeds (30 WPM and up) the acquisition 
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time tends to shorten the dits. 

The denoising mode is very effective against back¬ 
ground hiss. But when the QRN becomes very loud (such 
as strong impulse noise), then the LMS algorithm—as 
we have implemented it—loses its effectiveness. In this 
case, a conventional analog noise blanker would be more 
effective. The LMS denoiser algorithm will not extract a 
signal completely buried in the noise, but moderately 
noisy signals enjoy the greatest improvement. 

We have found that the denoising mode reduces lis¬ 
tening fatigue, and makes long-term HF monitoring much 
more pleasant. 

We have also tried combining the denoising and 
autonotching functions with some success, but prefer to 
keep them separate. Using a low-cost DSP hardware 
platform with combined denoising and autonotching puts 
strain on DSP computational resources, driving down the 
sampling rate and filter lengths and reducing overall 
effectiveness. Even if more DSP horsepower were 
applied, combining the two functions results in perfor¬ 
mance compromises for the simple reason that the two 
modes are somewhat in conflict with each other: while 
the autonotcher mode is trying to remove correlated sig¬ 
nals and pass uncorrelated signals, the denoiser mode 
is trying to do just the opposite! 

Generally speaking, we leave the LMS denoising 
function in-line for most of our HF operations. When CW 
interference is present or expected, we switch over to the 
autonotcher mode. 

Conclusion 

The LMS algorithm has recently become economi¬ 
cally practical for use in Amateur Radio applications. 

Modifications to the basic textbook algorithm improve its 
performance for amateur use. The autonotcher LMS 
mode is highly effective against CW interference, while 

the denoiser LMS mode reduces low-to-moderate-level 
hiss-type QRN. Price reductions on digital signal pro¬ 
cessors will allow further application of LMS and other 
algorithms to increase our enjoyment of Amateur Radio. 

Dr. Steven E. Reyer, an advanced class amateur, 
was first licensed in 1967 at age 17. He is active on HF 
SSB and VHFpacket, with his main Amateur Radio inter¬ 
est being in designing, experimenting and building. Steve 
holds a Ph.D. in Electrical Engineering (Digital Signal 
Processing) and is a Professor of Electrical Engineering 
at the Milwaukee School of Engineering. He also con¬ 
sults for industry in the areas of digital signal processing, 
communications and microprocessor systems. 

Dave Hershberger was first licensed in 1965 at age 
14 as WN9QCH, and holds an Extra Class license. Dave 
is active on HF CW and SSB and VHF FM and packet. 
Dave has a BA in mathematics from Goshen College and 
BS and MS degrees in electrical engineering from the 
University of Illinois. Dave is a senior staff engineer at 
the Grass Valley Group, a subsidiary of Tektronix which 
produces television broadcast equipment. 

Notes -- 
'D. Hershberger, “Low Cost Digital Signal Processing for the Radio 

Amateur,” QST, Sep 1992. 

?This theorem states that a signal must be sampled at a rate more than 
twice the highest frequency present in the signal See B. DeCarle, 
“A Receiver Spectral Display Using DSP,” OST, Jan 1992. 

3B. Widrow et al, “Adaptive Noise Cancelling: Principles and 
Applications,” Proc. IEEE, Vol 63, No. 2, Dec1975: 1692-1716 

Amateur Microwave Antennas and Equipment 

902, 1269, 1296, 2304, TROPO, EME, WEAK SIGNAL, 
2320, 2400, 3456 MHz OSCAR MODE L, MODES, 

ATV, REPEATERS 

LOOP YAGIS, POWER DIVIDERS, COMPLETE ARRAYS 
KIT FORM OR ASSEMBLED AND TESTED 

SOLID STATE LINEAR AMPLIFIERS FOR 902 & 1296 MHz 

Write for Free Catalog to: 

DOWN EAST MICROWAVE 
Bill Olson W3HQT, Box 2310 RR1 
Troy, ME 04987 (207) 948-3741 

CC-1 Capacitor Kit contains 365 pieces, Sea of every 
10% value from Ipf to .33*tf. CR-1 Resistor Kit contains 
1540 pieces; lOea. of every 5% value trom lOfttolOmegtJ. 
Sizes are 0005 and 1206. Each kit is ONLY $49.95 and 
available for Immediate One Day Delivery! 

Order by toll-free phone, FAX, or mail. We accept 
VISA, MC, COD, or Pre-paid orders. Company RO.'s 
accepted with approved credit. Call for free detailed 
brochure. 

COMMUNICATIONS SPECIALISTS. INC. 
426 West Taft Ave. • Orange, CA 92665-4296 

Local (714) 998-3021 • FAX (714) 974-3420 

Entire USA 1-800-854-0547 



SYNCHRONOUS DETECTION OF AM SIGNALS 
What Is It and How Does It Work? 

By Mike Gruber, WA1SVF 
ARRL Laboratory Engineer 

Interest in synchronous detectors seems to be on the rise. This phenomenon is no doubt due in part to 
the commercial availability of synchronous detection in a popular, moderately priced short-wave receiver, 
the Sony ICF-2010. Simplified implementation utilizing current 1C technology now makes synchronous detec¬ 
tors easier than ever for the experimenter to build and use. 

Amplitude Modulation 

A firm understanding of amplitude modulation is 
essential before being able to fully appreciate syn¬ 
chronous detection—especially sideband and carrier 
phase relationships. A brief summary therefore follows: 

The typical AM signal is of a complex nonrepetitive 
nature, such as music or speech. For the sake of clarity 
and simplicity, however, the following discussion will con¬ 
sider only an AM signal modulated with a single sine- 
wave tone. The principles are the same. 

An ordinary AM signal is generated by the nonlinear 
mixing of two signals—the RF carrier and the AF modu¬ 
lating audio, shown in Figs 1A and 1B, respectively. This 
mixing results in a wave form as shown in Fig 1C. For 
comparison, linear mixing is shown in Fig ID. 

This nonlinear mixing of the audio and radio fre¬ 
quencies of an AM signal produces two new frequency 
components—the sum and difference frequencies— 
commonly referred to as sidebands. The upper sideband 

c 
AM WAVEFORM 

NON-LINEAR MIXING 

D 

LINEAR MIXING 

Fig 1 

(USB) frequency, equal to the RF plus the AF, the lower 
sideband (LSB) frequency, equal to the RF minus the AF, 
and the carrier frequency are all shown in the spectral 
display of Fig 2A. 

Each of these three components of an AM signal, as 
with any radio signal, can be represented as a rotating 
vector commonly referred to as a phasor.' The rotation¬ 
al speed of each phasor corresponds to the corre¬ 
sponding signal frequency. For example, the phasor 
that represents a 7.325-MHz signal (a popular BBC fre¬ 
quency here in North America) rotates 7.325 million times 
per second. Mathematical convention requires these 
phasors to rotate in a counterclockwise direction relative 
to a phasor of lower frequency. The phasor length cor¬ 
responds to the signal amplitude. 

Fig 2B shows three such phasors. They represent 
the carrier and upper (USB) and lower (LSB) sidebands 
of the AM signal in the previous figures. The USB, being 
higher in frequency, rotates more rapidly than the carri¬ 
er, which rotates more rapidly than the LSB. In Fig 2C, 
the phase relationship between the three, at any arbitrary 
instant, is shown with the carrier used as a reference. 
Phasor rotation for USB and LSB, in this case, is shown 
as the difference between their actual rotation and the 
rotation of the carrier phasor. Fig 2D shows these same 
three phasors rotating about a single common point. 

The envelope of the AM signal, or any radio signal 
for that matter, is at any given point in time determined 
by the vectorial sum of its phasors at that point in time. 
As an example, the AM signal depicted in Fig 3A shows 
one audio cycle of an AM signal broken up into 90 degree 
intervals. The corresponding resultant phasors for each 
of these intervals is shown inside the waveform. The 

’A vector is used to denote magnitude and direction; a phasor, 
on the other hand, is used to denote magnitude and phase 
angle. The mathematics of both is the same. 
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same phasors are also depicted about a common point 
in Fig 3B. The resultant is determined as follows: 

1) 0 Degrees: The LSB and USB are 180 degrees apart 
from each other and, therefore, cancel each other out. 
The carrier level at this point is unaffected by the side¬ 
band components and is the same as if the carrier 

were unmodulated. 
2) 90 Degrees: The USB, the LSB and the carrier are all 

in alignment and, therefore, reinforce each other. The 
RF envelope is the sum of both sidebands and the 
carrier. 

3) 180 Degrees: The sidebands again cancel each other 
as at the 0 degree point. The carrier level is again 
unaffected by the sideband components. Note, how¬ 
ever, that the sideband phasors have each advanced 
by 180 degrees. 

4) 270 Degrees: Both sidebands are in alignment but 
are opposite the carrier. The net result is zero—the 
two sidebands cancel the carrier at this point. 

5) 360 Degrees: This point completes one full audio 
cycle. The phasors have all returned back to the same 
positions they originally had at the zero degree point. 

The reader may observe that only the upper half of 
the AM wave form envelope appears to be defined by 
the phasors detailed in Fig 3B. One must keep in mind 
that the carrier phasor is rotating at an RF rate—many 
times the audio rate of the sidebands relative to the car¬ 
rier. This rotation of these phasors will cause the lower 
half of the AM wave form to be swept as time advances. 
(Picture in your mind’s eye a strip of paper passing under 
a pen on the tip of the rotating resultant phasors. The AM 
wave form will be produced.) 

Envelope Detection 

As indicated by the previous discussion, an ordinary 
AM signal consists of three parts, the upper sideband, 
the lower sideband and the carrier. An envelope detec¬ 
tor, such as the common diode detector, is a nonlinear 
device. This nonlinearity introduces distortion when an 
AM signal is applied to it, and the desired difference fre¬ 
quency component is produced. In order for this detec¬ 
tion process to function correctly, a full carrier is required. 
Should a selective fade reduce the carrier, severe “over¬ 
modulation” type distortion will result as shown in Fig 4; 
should noise be present on one of the sidebands, noise 
will also be present at the demodulated output. As we 
shall see, synchronous detection offers immunity from a 
selective carrier fade and provides the option to utilize 
phasing techniques to reject an unwanted sideband. 

What is Synchronous Detection 

The term “synchronous detection” is somewhat 
ambiguous. For purposes of this discussion, however, 
synchronous detection will refer only to a demodulation 
system having a locally generated carrier that is phase- 
locked to information derived from the transmitted 
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Figs 3A & 3B—Vectoral components of an AM signal 

signal—usually the carrier. (The incoming AM signal is 
then mixed, or heterodyned, with the locally generated 
carrier.) This process essentially recovers the audio from 
the AM signal by translating to baseband. 

The easiest, and probably the most common imple¬ 
mentation of a synchronous detector, shown in Fig 5, is 
simply a phase-locked loop 1C that is locked to the car¬ 
rier of the signal. One notable exception, however, is the 
Costas loop. First described in 1956 by John P. Costas, 
K2EN, in a paper entitled “Synchronous Communica¬ 

tions,” this detection process obtains the necessary 
phase information for loop lock from the sidebands. This 
technique can therefore be used to demodulate double 
sideband AM with a full, reduced, or suppressed carrier. 
Despite the theoretical advantage of the Costas loop, its 
added complexity does not buy much when demodulat¬ 
ing signals with sufficient carrier to capture and hold 
phase lock. Since the HF broadcasters will no doubt con¬ 
tinue to transmit some form of carrier for some time to 
come, if for no other reason than phase locking, no fur- 
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ther consideration will be given to the Costas loop in this 
discussion. The reader may, however, refer to the bibli¬ 
ography for further information on this topic. 

Another similar detection scheme is called the “exalt¬ 
ed carrier” method. A carrier sample is first taken from the 
AM signal and then amplified. It then typically undergoes 
a hard limiting process before being recombined with the 
original AM signal. Demodulation can then finally be 
accomplished by either envelope detection, or, as in true 
synchronous detection, by a translation process. This 
technique differs from true synchronous detection in that 

there is no locally generated carrier. Stability considera¬ 
tions and the simplicity of implementing true synchronous 
detection with modern 1C chips, while offering no signif¬ 
icant advantages, have now rendered exalted carrier 
detection somewhat obsolete. 

Two terms often associated with synchronous 
detection are “synchrodyne" and “homodyne.’’ Both of 
these terms are extremely ambiguous. Some of the more 
common meanings for them include: Synchrodyne—a 
receiver with synchronous detection, and, Homodyne— 
a receiver with exalted carrier detection. It is most impor¬ 
tant, however, if encountering these terms to understand 
their meanings as they apply to the literature at hand. 

Why Synchronous Detection? 

Synchronous detection offers several significant 
advantages over the common envelope detector. Unlike 
envelope detectors that require a minimum of 6.02 dB of 
carrier above the sidebands for proper demodulation of 
the signal, synchronous detectors need only sufficient car¬ 
rier to capture and hold phase lock. Testing was conduct¬ 
ed at the ARRL Laboratory with the sync detector of a Sony 
ICF-2010 to determine the practical level of carrier reduc¬ 
tion possible with this circuit. A single-sideband test signal 
with variable carrier was used. Approximate results with 
speech and music audio signals are as follows: 

MAXIMUM LSB CARRIER BELOW PEP 

TO CARRIER 

CAPTURE LOCK: Not Measured -11 dB 

HOLD LOCK: 9 dB -16 dB 

This characteristic of sync detectors provides 
increased immunity from selective fading of the carrier 
relative to the sidebands. This advantage can be signif¬ 
icant when the reception of sky-wave signals is consid¬ 
ered. In the above case, the carrier could fade by 15 dB 
before any noticeable degradation in the audio would 
become apparent. (The potential loss of phase lock dur- 

IF INPUT 

(455 KHz) 

i-1 

Audio 

Output 

Fig 5—Synchronous detector block diagram 
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ing a severe fade, however, can result in a burst of noise 
instead of the less disagreeable reduction in audio typi¬ 
cally associated with envelope detectors. The Sony 
design has provisions to overcome this problem.) 
Synchronous detectors are also compatible with AM sig¬ 
nals having partially reduced carriers and/or one side¬ 
band. 

Distortion as a result of the receiver being mistuned 
can in some cases also be eliminated. An envelope 
detector, being a nonlinear device, works correctly only 

when both sidebands are mirror images of each other 
and the carrier is of sufficient amplitude. If the receiver 
is tuned off to one side of the signal, the sidebands, and 
possibly the carrier, may be down the skirt of the IF fil¬ 
ter. This asymmetry will cause distortion. A synchronous 
detector, however, if able to achieve proper phase lock 
on the carrier, is capable of producing an undistorted 
audio output from the same signal. 

Another significant advantage of synchronous detec¬ 
tors is their compatibility with phasing techniques to 
select between the upper and lower sideband of an AM 
signal. The advantages include: 

1) cancellation and reduction in noise and interference, 
2) increased immunity from selective fading and phase 

shifting between sidebands, and 
3) improved signal to noise ratio. 

The primary characteristic unique to synchronous 
detectors that makes this possible is the ability to mix a 
synchronized carrier that is either in phase (I) or quadra¬ 
ture 90 degrees out of phase (Q) from the original carri¬ 
er. Audio phasing techniques can then be used to cancel 
the undesired sideband while reinforcing the desired 
sideband. See Fig 6 for a block diagram and the associ¬ 
ated phasor diagrams. The Sony ICF-2010 design is sim¬ 
ilar to this concept. 

It is clear that synchronous detectors, especially in 
certain cases, can provide dramatic improvement in the 
reception of AM signals over the common envelope 
detector. Selective fading, overmodulation due to carri¬ 
er fading, heterodyning, phase shift distortion and adja¬ 
cent channel interference can be reduced or, in certain 
cases, be eliminated by use of this technology. Although 
these conditions are most common on the HF bands with 
crowded conditions and sky-wave propagation, the ben¬ 
efits of synchronous detection are also apparent on the 
MF AM broadcast band. Amateur AM activity, although 
enjoying the same benefits of broadcast AM reception, 
does require retuning if the stations drift or are more than 
a few hundred hertz apart from each other. 

Synchronous Detection Considerations 

Synchronous detection can be performed at both 
radio (RF) and intermediate (IF) frequencies—lending 
itself to both superheterodyne and direct conversion 
receivers. Frequency stability of both the transmitter and 
the receiver, however, becomes far more critical than 

with envelope detectors. A synthesized or crystal con¬ 
trolled tuning system is optimum and may be required to 
ensure stability and provide the predictable tuning reso¬ 
lution necessary to capture and hold lock. It is impera¬ 
tive to keep these factors in mind when determining the 
compatibility of a receiver for an outboard home-brew 
sync detector. 

The frequency range of the phase-locked loop must 
be limited to reduce the possibility of capture and hold on 
anything other than the desired carrier. The Sony ICF-2010 

often loses lock when tuned away from a station by more 
than three or four hundred hertz. It is important to note 
that unless phase lock has been achieved, the signal in 
most cases is completely unintelligible. An envelope 
detector, therefore, is best when tuning across the band 
or attempting to locate a particular station. Once a 
desired signal has been located, the synchronous detec¬ 
tor may then be switched in. (The ICF-2010 incorporates 
electronic switching to accomplish this function auto¬ 

matically.) 

Synchronous Detection Implementation 

Probably the first question that comes to mind about 
synchronous detection is, “Can I build one with a single 
chip design.” The answer to this question is a qualified 
yes. A simple phase-locked loop, or chip with a phase- 
locked loop, such as an AM stereo decoder or similar, 
will do the job. If, however, one desires to incorporate the 
selectable sideband feature into the project, an audio 
phase shift and audio summing network must be includ¬ 
ed in the design. 

AM stereo chips for a 450-kHz IF typically operate 
with a VCO frequency of 3.60 MHz, or 8x the IF fre¬ 
quency. This makes it easy to obtain the quadrature 
phase necessary for a selectable sideband feature. The 
ICF-2010 receiver uses a Sony CX-857 AM stereo 
decoder chip. This 1C is compatible with all AM stereo 
systems (including Kahn and C-Quam). This chip is par¬ 
ticularly attractive for synchronous detection applications 
because it provides easy access to both the I and Q out¬ 
puts. An additional 90-degree RF phase shift circuit is 
not required. 

The audio phase shifting is no doubt the most diffi¬ 
cult part of the circuit to produce. A wideband shift of 
90 degrees total is required. The audio phase shift net¬ 
work in the Sony is provided on a separate board by four 
transistors, six capacitors and twenty-one resistors! This 
circuit provides all the necessary audio phase shifting 
and summing to produce the USB and LSB. These out¬ 
puts are then fed to automatic switching circuitry in the 
ICF-2010 to provide for the upper or lower sideband 
depending upon whether the receiver frequency is above 
or below the carrier frequency. 

Over the years, a number of synchronous detector 
construction projects have appeared in various amateur 
and electronic publications. They seem to range from 
vacuum tubes and discrete solid state components to 
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Fig 6—Synchronous detector with selectable sidebands block diagram. 
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HOW IT WORKS 
The input to the sync detector is an AM signal as 

shown by the phasor diagram in Detail A. The I and Q local¬ 
ly generated carriers are shown by Details B and C, respec¬ 
tively; note the 90-degree phase shift in the Q channel. 
These carriers are then mixed with the original AM signal 
to produce the outputs shown by Details D and E. Although 
these signals are at audio frequencies, the USB and LSB 
components at this point are not in correct phase for prop¬ 
er audio recovery. A 90-degree audio phase shift is 
required and its affect is shown in Detail F. As shown by 
the vector analysis in the box of Details G, the desired side¬ 
band can be obtained at this point by either the sum or the 
difference of the I and Q channels. The desired sideband 
component from each channel is added in proper phase 
while the undesired component is simultaneously rejected 
by cancellation. This is shown in details H and J. 

In the example of this figure, the USB is obtained by 
the difference between of the I and Q channels while the 
LSB is obtained by the sum of the I and Q channels. Other 
variations are possible. For example, only the sum is 
required to obtain either sideband provided an audio phase 
shift is in the I or Q channel. In this case, the USB is 
obtained by adding an audio phase-shifted l-channel to the 
Q channel. The LSB can likewise be obtained by adding 
an audio phase-shifted Q-channel to the I channel. 

It is very important that a 90-degree phase difference 
exists between the I and Q channels. There is nothing 
“special" about single 90-degree shifts, however. For 
example, a plus 45- on one and a minus 45-degree shift 
on the other would do fine. You can use vector analysis, 
as shown here, to prove that to yourself. 

obsolete ICs. Unfortunately, it appears that an article uti¬ 
lizing current 1C technology and a selectable sideband 
feature, such as in the Sony ICF-2010, has yet to be pub¬ 
lished. A bibliography of these construction articles 
appears at the end of this discussion. 

A synchronous detector with a selectable sideband 
feature has been constructed with spare Sony ICF-2010 
parts by Steve Johnston, WD8DAS, and Paul Cianciolo, 
KB1RP. The parts used for their projects were the 
CX-857 AM stereo chip and the audio Phase Shift 
Network (PSN) module. Both Steve and Paul report 
excellent results with their detectors. 

The circuit design that they used was essentially a 
combination of the circuit shown on page 8 of the 
CX-857 Data Sheet and the sync detector used in the 
ICF-2010. The schematic is shown in Fig 7. For those 
wishing to reproduce Paul and Steve’s efforts, kit infor¬ 
mation and a complete source list for Sony parts and lit¬ 
erature kit is included as an Appendix. 

The construction of the detector is not particularly 
critical, but can be a bit tricky due to the surface-mount 

requirements of the 1C. Paul used a piece of printed cir¬ 
cuit board material mounted inside a Hammond Diecast 
1590 B box, but almost anything similar should be satis¬ 
factory. Use construction techniques that are suitable for 
the frequencies involved and keep the coax input lead 
as short as is practical. 

Proper selection of the candidate receiver for the 
sync detector is essential. The importance of stability 
cannot be overemphasized. The detector should have a 
free-running frequency equal to the receiver’s IF and, 
have compatible impedances and signal levels. 

The specifications for this project are as follows: 

IF Center Frequency: 

Input Impedance: 
Input Level: 

Output Impedance: 
Output Level: 
Power Requirements: 

455-kHz typical, adjust¬ 
able from 400 to 500 kHz 
1 
500-mV typical, 100-mV 
minimum, 1-V maximum 
10 kQ 
100-mV typical 
12 V dc at 20-mA typical, 
but 4 to 14 V dc acceptable. 

Paul and Steve both used a parallel tuned circuit 
for the VCO. (Paul used a 620-pF silver mica capacitor 
and a variable inductor centered approximately around 
3.15 pH. The inductor could then be tuned to the desired 
free running frequency.) The ICF-2010, however, uses a 

Phase-Shift 
+ 12 V dc Network Pinout 

Fig 7—Synchronous detector. 
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I first became acquainted with selectable sideband 
synchronous detection when I purchased a new Sony 
ICF-2010 several years ago. The ability of this feature to 
reduce or eliminate certain types of distortion and interfer¬ 
ence was quite remarkable. It quickly became an indis¬ 
pensable asset to my shortwave listening enjoyment. 

I soon began to desire an outboard sync detector for 
my other radios. To this end, albeit several years later, I 
built the unit described in this article. It has been used with 
great success in both my R-390A and FRG-7700 receivers. 
Selective fade distortion is virtually eliminated and the abil¬ 
ity to select sidebands has proven to be a real asset. SWLs, 
AMers and broadcast band listeners are sure to enjoy this 
form of detection.—Paul A. Cianciolo, KB1RP 

crystal for this purpose. The crystal version might be pre¬ 
ferred in some cases, especially if receiver stability will 
allow for it due to the reduced locking range. The PLL is 
less likely to lock onto something other than the carrier 
of the desired signal. 

The Future of Synchronous Detection 

The introduction of single-sideband techniques to 
the HF broadcasting bands was established in the 
Resolutions and Recommendations of a World Admin¬ 
istrative Radio Conference. Recommendation No. 517 
(HFBC-87) specifies an initial 6 dB below PEP of carrier 
reduction. By the end of the year 2015, the final carrier 
reduction of 12 dB below PEP is to take effect and all 
DSB transmissions are to cease on these bands. 

The initial 6 dB of carrier reduction will be only par¬ 
tially compatible with envelope detectors, and the final 
12-dB reduction will require alternative detection meth¬ 
ods. Synchronous detectors can be made fully compat¬ 
ible with such reduced carrier signals and will no doubt 
be the most popular detection technique for these new 
signals. It is expected, therefore, that the next genera¬ 
tion of budget short-wave receivers will help proliferate 
at least some form of synchronous detection as full car¬ 
rier DSB is being phased out. The resulting new chips 
and dedicated circuitry components should make for 
easy and inexpensive synchronous detection for mass 
produced radios as well as the home hobbyist. 
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Appendix - 

Parts 
Sony CX-857 AM Stereo Chip 

P/N 8-759-907-69 Price: $19.87 

Sony Phase Shift Network 
P/N 1-464-407-11 Price: $19.87 

Literature 
Sony ICF-2001 D/2010 Service Manual 
Sony CX-857 AM Stereo Decoder Data Sheets 

Sources 
Sony Service Company 
Part Division 

8281 NW 107th Terrace 
PO Box 20407 
Kansas City, MO 64195-0407 

816 891-7550 

Synchronous Detector Kits 
Steve Johnston has indicated that he will be 
offering this project in kit form. The price is 

$139.00 for the kit and $199.00 for an assem¬ 
bled and tested unit. The cost for a single board 
is $15.00.You can contact him for further infor¬ 
mation at: 

Steinberg Electronics, Inc 
2220 North Broad Street 
Philadelphia, PA 19132 
800 523-0894 

Steve Johnston 
PO Box 3420 
York, PA 17402-0420 
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The 4x3x5 Filter - Revisited 
By Dick Jansson, WD4FAB 

1130 Willowbrook Trail 
Maitland, FL 32751-4837 

Those amateurs who have been communicating 
through the OSCAR satellites long enough to 
remember OSCAR 8, will well remember experi¬ 

encing some of the problems in operating their 70-cm 
receivers. This was caused by being desensed by their 
2-m transmitters, when operating in Mode J. There are 
two basic phenomena at work in this particular ailment (to 
be discussed forthwith) and several cures that could be 
applied. With perseverance, most of us overcame these 
desensing problems to operate and enjoy AO-8. 

With the advent of the more modern transceivers and 
selective GaAsFET preamplifiers, we have generally 
been able to forget the desense monster. AO-13 Mode 
J, and especially PACSAT Mode J communications, 
have again raised the issue of 70-cm receiver desens¬ 
ing. Let us examine the factors at work here, revisit some 
of the cures, and even look at a modern, commercially 
available version of one of these cures. 

Receiver desensing is basically caused by the 
unwanted saturation of a receiver front end by RF ener¬ 
gy from a nearby transmitter. This is most typically wit¬ 
nessed when the transmit frequency is lower than the 
receive frequency, particularly enhanced when the trans¬ 
mitter frequency is at ~Va of that of the receiver. If the 
transmitter has unexpected and unwanted emissions at 
frequencies other than the desired one, it will common¬ 
ly be at a third harmonic, and can affect the receiver oper¬ 
ation with Mode-J weak signals. Conversely, if the 
receiver selectivity is such as to promote a modest sen¬ 
sitivity at the normal transmit frequency, even though the 
transmitter frequency is clean and well removed from that 
of the receiver, weak signal reception will be affected. 

Curing these problems requires a degree of techni¬ 
cal detective work, which is often viewed as an interest¬ 
ing challenge by many amateurs, even though the 
desense phenomena is annoying. The observer needs 
to look for clues regarding the culprit RF source/ 
cause/path. First, a determination should be made of 
whether the desensing raises the noise floor of the receiv¬ 
er, even to showing an S meter reading, or is the prob¬ 
lem one of the pure blocking of the signal. While not 
hard-and-fast rules, generally the transmitter is the cul¬ 
prit for the noise floor problem while the receiver block¬ 
ing comes from poor selectivity. Obviously the use of a 
spectrum analyzer would be helpful. Getting a clear iden¬ 
tification of the cause of the desensing is essential to 

applying the proper cure. 
With the use of a linear amplifier, heterodyne gen¬ 

erated SSB transmitter emissions generally promote very 
clean RF signals. Usually this allows excellent operation 
without emission concerns in the Mode J receive band. 
Really persistent emission problems can be corrected 
with the use of a cavity filter, much like one section of a 
repeater duplexer. One PACSAT operator recently cor¬ 
rected his Mode J desensing problems by merely giving 
his 2-m transmitter a really good tuning and eliminated 
a nasty spur. Having to rely on the cavity filter to reduce 
a transmitter spurious emission is considered to be a last 
resort. 

Solving receiving desensing problems is mostly a 
case of providing enough isolation between the trans¬ 
mitter signal and the receive antenna. Sometimes the 
placement of the two antennas farther apart will provide 
the solution. The case of a “wide” receiver is not com- 

MFC 4x3x5 FILTER 
CUT-AWAY VIEW-ASSEMBLY 

Fig 1 
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monly seen these days but the solution is one of improv¬ 
ing the selectivity of the receiver. 

In the days of operating through AO-8, the only prac¬ 
tical low-noise preamplifiers that we had available used 
MRF-901 bipolar transistors, which provided notorious¬ 
ly broad-band reception. As a result, the 70-cm receivers 
were quite receptive to the 2-m transmitter signals. 
GaAsFET preamplifiers have quite good values of 3rd 
order intercept points, and reasonable tuned circuits in 
their inputs. Most often these conditions will allow suffi¬ 
cient receiver isolation. 

PACSAT operation on Mode J, using compact, dual 
band antennas has again raised the issue of desensing, 
especially since this type of antenna has increased cou¬ 
pling between the two bands, compared to two separat¬ 
ed antennas. Even the normally good selectivity of our 
modern preamplifiers and transceivers is not often suffi¬ 
cient for operations with the compact dual band antenna. 

The 1992 edition of The ARRL Handbook shows the 
original capacitively coupled 4x3x5 MFIz Filter for Mode 
J, on page 23-32. This filter was fashioned after a design 
by Joe Reisert, W1JR, and Jay Rusgrove, W1VD, and 
promoted by the ARRL for AO-8 Mode J operations. 
Many of us constructed this filter, and we spent many 
hours doing so. This was a real labor of love for some of 
us, and the results were well rewarded. 

With the resurgence of PACSAT Mode J activities, 
there appeared a need for a more easily constructed sim¬ 
ple filter. While excellent band-pass filters are available, 
with really good stop-band characteristics, the insertion 
loss of these filters makes their use in front of a good low- 
noise GaAsFET preamplifier rather prohibitive. Placing 

such a filter after the preamplifier will leave the pream¬ 
plifier itself susceptible to input signal overload, although 
protecting the receiver. Single cavity, simple filters, such 
as the 4x3x5 unit have been measured to have inser¬ 
tion loss values less than 0.15 dB, meaning that their use 
in front of a 0.3-dB NF preamplifier would be quite accept¬ 
able. At the same time, such simple filters can provide 
upwards of 50-60 dB of rejection for the 2-m transmitter 
signals. My 1979 4x3x5 filter was silver plated and mea¬ 
sured at less than 0.1-dB insertion loss! 

To the rescue for all of these problems comes 
Microwave Filter Co, Inc (MFC).' This company has 
developed their Model 9397 filter specifically as a kit for 
the amateur satellite Mode J operator.21 was a little con¬ 
cerned about the kitting of this filter, remembering all of 
the hours that I spent building my own unit in 1979. The 
photo illustrations show you some pretty simple con¬ 
struction and neat results. Considering that I really took 
my time building this sample unit, and spent a lot of time 
taking the photographs of the work, I was surprised that 
I spent only 1+ hour on the assembly. The MFC 9397 
version of this old friend of a filter employs some very 
clever design concepts that permit its rapid and certain 
assembly. 

The MFC 9397 kit provides a drawing that is quite 
ample in illustrating the assembly required by the builder, 
Fig 1. Fig 2 shows the parts for the kit as it is received, 

'Microwave Filter Co, Inc (MFC), 6743 Kine Street, East 

Syracuse, NY 13057, tel 1 800-448-1666. 

?Model 9397 filter kit, $70 plus shipping and handling. Allow 30 

days for delivery. 
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including genuine copper tubing. Carefully follow the 
drawing instructions and locate and drill the four screw 
holes in each end cap. Similarly, drill the mating smaller 
holes in the large tube. Be sure to remove all burrs from 
the drilling operation, as these parts have a very close 
fit, and you do not need the aggravation of the parts not 
fitting together because of a drill burr. 

The second step, Fig 3, is to 
assemble the large set screw, nuts 
and aluminum flat washer to the bot¬ 
tom cap. The center conductor fits 
over the washer rather tightly. Be sure 
to use some fine steel wool to scrub 
the adjacent surfaces of the center 
tube and the end cap. Also, make 
sure that the center tube is positioned 
perpendicularly to the end cap. 

At this point the builder needs to 
solder the center tube and the end 
cap together. Do not use lead-tin sol¬ 
der for this operation. The recom¬ 
mended solder to use is that sold for 
plumbing solder and it contains a 

small amount of silver, with the 
remainder being tin. The electrical 
properties of the silver-tin solder are 
absolutely superior to the lead-tin 
alloys. Moreover, the silver-tin solder 
readily wets the joint and flows very 
nicely with the help of a little resin, 
noncorrosive flux, Fig 4. After sol¬ 
dering the two parts together, 
remove the setscrew and nuts. 
Careful clean the residual flux from 
the assembly. 

Clean the solder area on the cen¬ 
ter of the top cap and using the large 
setscrew to concentrically locate one 
of the nuts, solder the cap and nut 
together. This will form the cavity tun¬ 
ing adjustment, along with a free nut 
for locking purposes, Fig 5. 

Locate the two BNC connectors, 
nuts, and the small copper coupling 
tubes. The fussy builder may want to 
substitute the equivalent TNC con¬ 
nectors for the BNCs, but that will be 
a matter of personal preferences. 
Solder the coupling tubes to the con¬ 
nector center conductor and place the 
connectors on the top cap, tightening 
the nuts, Figs 5 & 6. 

Mount the end caps on the large 
tube, locating them to the previously 
drilled screw holes. Attach the caps 
to the tube using the self tapping 4- 
40 screws provided. That step com¬ 

pletes the filter assembly. 
Fig 7 shows the assembled filter next to the 1979 fil¬ 

ter. This filter will easily tune with the use of your 70cm 
receiver and any external signal source, even those from 
a satellite. Peak tune the filter and the job is done and 
ready for service. 

IONSOUND™ byWIFM 
1.8-54 MHz Skywave Propagation Software - Version 4 

State-of-the-Art Forecasting for Amateur, Professional & Military Users 
MENU DRIVEN: Easy-to-use interface for Solar Flux, Sun Spot Number, TX Power, TX/ 

RX Antennas, min. SNR, Local Noise, Bandwidth, Short/Long Path, Frequencies 

TABULAR SUMMARY: Slonal-to-Noise Ratio, RX Power & Microvolts, S/N and Path 

Availabilities, Total Link Reliability, E/F or Mixed Modes, Ant Gain/Take-off Angle 

IONGRAM CHIRP PLOTS: Selection of 0-30 MHz or 0-60 MHz Display Windows; 

Hl-Resolutlon Color or B/W graphics shows LUF/MUF, Multipath, Mode Delay 

ANTENNA PEAK/NULL CALC: Variations due to GND effects; E/F skip distances 

DXCC/FREQUENCY DATA BASES: ASCII file contains callsign Prefixes, Lat., Long., 

Continents, CQ & ITU Zones; Freq./Net List; Printable Distance/ Bearing Table. 

Allows confirmation of IONCAP predictions In QST's “How's DX?” column. 

For IBM*PC’s & compatibles with CGA/EGA/VGA or Hercules Graphics Monitors 

$35 Postpaid for 5.25"or 3.5"DSDD. Printed/Bound Manual $15. 
Tech Info: 617-862-6742, Evenings. Send US Check/lnt’l Money Order to: 

JACOB HANDWERKER, 17 PINE KNOLL ROAD, LEXINGTON, MA 02173, USA 
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VHF+TECHNOLOGY 
By Geoff Krauss, WA2GFP 

1927 Audubon Drive 
Dresher, PA 19025 

In spite of a number of calls and letters from readers 
wanting to know when my next column would appear, 
it is only after a six- or seven-month hiatus that I find 

myself with enough time to actually sit down in front of 
the word processor—the very end of June. I’ve missed 
all of the Spring VHF/UHF hamfests, conferences and 
contests, too. The “eater of time" has been the relative¬ 
ly sudden change in the state of world politics. After years 
of hoping for a lessening in the nuclear standoff situa¬ 
tion, who would have expected that we would have such 
a sudden and complete reversal as to make the elec¬ 
tronics business so abjectly subject to the amount of ter¬ 
minated and nonawarded contracts, and the resultant 
layoffs that we in the US have seen in the last half year 
or so? I think it’s safe to say, from the gist of communi¬ 
cations I’ve had over the last decade or so that I have 
been writing this column, that the majority of my readers 
derive at least a part of their income from, and are thus 
professionally involved in, the electronics industry. In fact, 
if one looks at the historical situation of the industry, most 
US electronics workers today have never known a time 
(ie, WWII and after) when a good proportion of total 
industry work was not the result of tax-dollar expendi¬ 
tures. In short, though, the desirable end of Cold War 
“hostilities” signaled by the break-up of the former USSR 
has led to much-reduced defense expenditures and job 
levels. Many of those whose jobs have survived must 
spend considerably more time on job-related tasks, and 
have less time for hobbies of any kind. My wish for those 
of my colleagues who find themselves caught up in this 
situation is that all have only the greatest success in the 
important task of economic survival, and that only 
enhanced hobby aspects follow thereafter! 

About the only Amateur Radio I’ve had time to think 
about has been one aspect of our VHF contests, as relat¬ 
ed to me by fellow VHF+ers who stopped me in the hall 
at work—the change in the contest rules to set up a sep¬ 
arate Rover category that may be taken advantage of by 
a few contestants; they operate from a permanent site 
(home), or a semi-permanent location at which they have 
a big antenna, mains power, etc, to rack up a large score, 
then go out and do some true-rover operations, with auto, 
battery or generator power and fully transported equip¬ 
ment. Unfortunately, the present rules allow the two score 
portions to be lumped together and, since some of it was 
as a rover, the whole score is counted in the Rover cat¬ 
egory. The operator, or group, who goes out and only 
rovers cannot hope to attain the same magnitude of 
score, and is discouraged when the whole rover idea was 
to encourage people to go out in the field and put “rarer” 
grids on the air. See the May/June 1992 issue of the 
NTMS Newsletter for further discussion. 

One reader who has done some very interesting work 
on the job is Michael Martin, AA4SG, who wrote a letter 

to me about some relatively low-cost (ie, $15-30) FIEMT 
devices he came across in the course of a search for very- 
low noise figures at about 1 GHz. After pointing out that 
the Toshiba 2SK1325 is probably a better device than the 
heterojunction 2SK1619 GaAsFET I had mentioned some 
columns ago, Mike finds HEMTs are much better per¬ 
formers even though “most HEMTs are intended for appli¬ 
cations well above 2 GHz and often have a maximum 
frequency of oscillation exceeding 20+ GHz.” Mike notes 
that he has “had more than my share of 20+ GHz oscil¬ 
lations to get rid of, and believe me, the least of para- 
sitics can cause problems.” He lists some noise figures 
at 2 GHz (as manufacturers do not generally list NFs at 
lower frequencies) as: 

Device Manufacturer 2-GHz 

Noise Figure 

at Vds/ls 

ATF-35076 Avantek (Now) 0.13 dB 1.5 V dc/10 mA 

ATF-35176 Avantek 0.14 dB 1.5 V dc/10 mA 

ATF-35376 Avantek (H/P) 0.17 dB 1.5 V dc/10 mA 

S8900 Toshiba 0.17 dB 2.0 V dc/10 mA 

MGF-4310 Mitsubishi 0.30 dB 2.0 V dc/10 mA 

NE32484A NEC (California) 0.31 dB 2.0 V dc/10 mA 

NE32184A NEC (Elect Labs) 0.37 dB 2.0 V dc/10 mA 

FHX35LG Fujitsu 0.40 dB 3.0 V dc/10 mA 

Now all of these devices may not be true HEMTs— 
NEC/CEL calls their NE32484A a “Pseudomorphic HJ 
FET.” There is potential confusion here between HJ (het¬ 
erojunction) FETs, which have been with us (as the sole 
device type called GaAsFET) for a number of years, the 
PHJ FET of the NEC nomenclature (also includes devices 
such as the NE42184A, NE76084 and NE76184A, accord¬ 
ing to one NEC/CEL ad I have here) and the PHemt 
(Pseudomorphic High-Electron-Mobility Transistor) as 
some of the devices by Avantek, GE, Microwave 
Technology (MwT) are denominated. By whatever name, 
though, any device with 12-GHz performance of less than 
1 -dB (typ 0.6 dB) NF at an associated gain Ga of 8-13 (typ 
11) dB is hot! 

Another problem, besides type naming, is packaging. 
Most readers realize that the last two numbers in each of 
the above-listed ATF and NE devices is the package des¬ 
ignation (and also wonder why the other manufacturers 
don’t follow this simple rule). The types are generally com¬ 
mon to the industry and, universality, is a great help, how¬ 
ever, some manufacturers do not package their devices 
(my employer, while being in the forefront of the HEMT 
pack, does not generally make its devices available for 
noncompany use and rarely packages the bare device 
die, so I cannot even use them as a source of UHF/SHF 
goodies!). A look at the accompanying drawings of device 
package and die outlines is instructive and I’ve used a 
half-page to show some figures scaled, as best I can on 
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an office copier, to give appreciation of some of the prob¬ 
lems. The packaged device is just about the size shown 
in the upper left—a microwave ceramic package of 0.1 
inch on a side; the central “blowup” is the same packaged 
device, seen from the bottom, after about 25x magnifi¬ 
cation. This central view will show some of the lead-under¬ 
case details, which are overlaid in the center by a to-scale 
version of the device chip which is inside the package; a 
rotated and blown-up figure at the lower left shows the 
die/chip—note the side dimensions of 400 x 550 microns 
(millionth of a meter)! If the chip is put into the upper-left 
full-size drawing, it would appear as a small dot in the cen¬ 
ter of the package. The upper right view shows the same 

chip with its source/gate/drain bond-wire attachment loca¬ 
tions. While you are looking, note that I have labelled the 
horizontally opposed pair of leads the gate? and the 
drain?, since some manufacturers (predominantly 
Japanese) diagonally cut the gate lead, and others (often 
US) cut the drain lead. Always refer to the data sheet for 
the device you are using to check, double check and triple 
check the orientation (you generally get one chance to 
connect in the device—removal and resoldering may be 
impossible). 

There are tew, if any, of us who have the equipment 
and/or skill needed to work with (move, attach, wire-bond, 
etc) the bare dice or chips. This may change in the future, 
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but I would not bet a lot on that! History tells us that even 
the best hams of the 1920s did not have the tools and 
techniques to make their own vacuum tubes, and few 
individuals seventy years later can build or even 
repair/revacuum any form of tubes. I suspect that the 
same will hold for submillimeter-sized semiconductor 
chips. There is a chance that some VHF+ers who work 
for semiconductor fabricators may eventually be able to 
mount and wire some relatively small amount of chips for 
themselves and other SHFanatic, or even make up mul¬ 
tichip microwave modules (eg, complete subsystems, 
with power supply, protection and the like on a single 
master substrate in a single package), but not very like¬ 
ly in this decade. That is why, even though the MwT-H4 
chip (Microwave Technology, 4268 Solar Way, Fremont, 
CA 94538) is characterized between 1-18 GHz, it is very 
unlikely that you will soon get to use it at 3.0 V ds/12 
mA=50% idss, to obtain data sheet NF/Ga values of: 

AMATEUR TELEVISION 
GET THE ATV BUG 

Band (GHz) 902 1296 2.3 3456 5760 10368 

NF (dB) 0.093 0.096 0.13 0.23 0.36 0.65 

Ga (dB) 24 22 18 16.5 14 11.5 

Because these noise figures are so low as to become 
almost meaningless, we can obtain a little better insight 
by converting to noise temperature, in degrees absolute, 
or K, by use of the formula: Tn(K)=290(F-1) where F is 
the noise FACTOR, or F=antilog(NF/10). So: 

Other problems still abound, 
such as how to handle these devices 
safely (since ESD, or electrostatic 
discharge, can easily generate suffi¬ 
cient voltage spikes to punch 
through the extremely thin 0.1 to 0.5 
micron gate oxides used), how to 
properly mount the devices, and 
most especially how to provide an 
input matching circuit with very, very, 
very low insertion loss (which loss 
directly adds to the stage NF and can 
often be in the 0.1-0.5 dB range 
itself) while still providing as much 
selectivity as possible, so that out- 
of-band signals do not overload or 
damage the supersensitive low- 
noise amplifier. It is in this latter area 
that VHF+ers have made some 
progress in the last decade, and 
have the best chance to make fur¬ 
ther advances in the near future. 

Are You An ARRL Volunteer 
Examiner? 

If you 're 18 or older, and a 

qualified Advanced or Extra class 

licensee, you're invited to join 
us. For details: 

Call 1-800-9-ARRL-VEC 

New 10 Watt 
Transceiver 

Only $499 
Made in USA 
Value + Quality 
from over 25years 
in ATV...W60RG 

Snow free line of sight DX is 90 miles - assuming 
14 dBd antennas at both ends. 10 Watts in this one 
box may be all you need for local simplex or repeater 
ATV. Use any home TV camera or camcorder by 
plugging the composite video and audio into the front 
phono jacks. Add 70cm antenna, coax, 13.8 Vdc @ 
3 Amps, TV set and you're on the air - it's that easy! 

TC70-10 has adjustable >10 Watt p.e.p. with one xtal on 
439.25, 434.0 or 426.25 MHz & properly matches RF 
Concepts 4-110 or Mirage D1010N-ATV for 100 Watts. 
Hot GaAsfet downconverter varicap tunes whole 420-450 
MHz band to your TV ch3. 7.5x7.5x2.7" aluminum box. 

Transmitters sold only to licensed amateurs, for legal purposes, 
verified in the latest Callbook or send copy of new license. 
Call or write now for our complete ATV catalog 
including downconverters, transmitters, linear amps, 
and antennas for the 400, 900 & 1200 MHz bands. 

(818) 447-4565 m-f 8am-5:30pm pst. Visa, MC, COD 

P.C. ELECTRONICS Tom (W60RG) 

2522 Paxson Lane Arcadia CA 91007 Maryann (WB6YSS) 

ious About 
MTOR? 

Your IBM-PC or compatible, our BMK-MULTY software and any 
ordinary RTTY terminal unit such as CP-1, CP-100, ST-5, ST-6, ST-6000 
etc. will give you unequaled performance. It's AMTOR done right! 

• Uses the 16-bit power and large • Advanced AMTOR algorithm 
memory capacity of your PC to syncs extremely rapidly, 
directly process data signals. • Automatic selection of Mode-L, 
Avoids TNC limitations by elimi- FEC or ARQ-QSO. 
nating the TNC. • Unique multi-sampling RTTY 

algorithm. 

Detailed literature upon request. Matching T.U. available. Base 
version with AMTOR, RTTY, CW and Audio Spectrum Analyzer $95. 
Extended version also includes HF WEFAX and SSTV reception $125. 
VISA/MasterCard accepted. 

Amateur callsign required with order. State 3’/a or 5% inch disk preference. 

Authorized U.S. Distributor: 

Schnedler Systems AC4IW 
25 Eastwood Rd. • P.O. Box 5964 ■ Asheville, NC 28813 

(704) 274-4646 



Conducted by: Stan Horzepa, WA1 LOU 
75 Kreger Drive 

Wolcott, CT 06716-2755 
email: horzepa@evax.gdc.com (Internet) 

or 70645,247 (CompuServe) 

ARRL BOARD RECOMMENDS CREATION OF 
UNATTENDED DIGITAL STATIONS 

Complying with the recommendations of the ARRL 
Committee on Amateur Radio Digital Communications, the 
ARRL Board of Directors adopted the following motion at their 

July meeting: 
It was moved by Director Comstock, seconded by Director 

Heyn, that the General Counsel, with the assistance of the 
Executive VP and the staff, is authorized to prepare a draft 
Petition for FCC Rulemaking to permit the operation of a new 
category of amateur station, “unattended digital station,” on 
RTTY/data frequencies below 30 MHz. Only amateur stations 
under the active control of a control operator would be permit¬ 
ted to communicate with unattended digital stations; unattend¬ 
ed digital stations would not be permitted to engage in one-way 
communications; and appropriate safeguards would be 
required to prevent unattended digital stations from causing 
harmful interference to other amateur stations. The draft is to 
be circulated to the Executive Committee for review and final 
approval before filing. Further, the Digital Committee is request¬ 
ed to continue its study of the issue of unattended digital oper¬ 
ation, with the objective of developing future recommendations 
for increased flexibility of operation of this class of station. 

Upon adoption of the motion, Directors Turnbull, Burden, 
McConnell and Grauer requested to be recorded as voting 
against it. 

Digital Committee Recommendations 

The full text of the Digital Committee’s recommendations 
follow. 

Recommendations 

I. Unattended fully-automatic operation of amateur digital 
stations should not be authorized below 30 MHz. 

II. The FCC rules should be amended to allow unattend¬ 
ed semi-automatic operation of digital stations on any frequency 
on which digital modes are authorized. Unattended semi-auto¬ 
matic stations may not initiate a contact, either with another sta¬ 
tion or via an undirected broadcast. An operator initiating a 
contact with an unattended station must first ascertain that no 
interference will be caused to existing communications and 
must monitor the progress of communications. If it becomes 
evident that the communications with an unattended semi-auto¬ 
matic station is interfering with other amateur communications, 
then the link with the semi-automatic station must be discon¬ 
tinued. An unattended semi-automatic station must be 
equipped with a time-out timer to insure that no signal is trans¬ 
mitted longer than five minutes in the event of the malfunction 
of control equipment or the loss of contact with the initiating sta¬ 
tion. Suggested wording for such an amendment is included in 
the appendix. 

III. The FCC rules should be amended to allow the use of 
modem-dependent codes for the purpose of efficient data com¬ 
pression and error control on HF radio channels. The band¬ 

width of such signals should be restricted to 500 Hz, below 

28 MHz and 2000 Hz between 28.0 and 28.3 MHz. The 
appendix suggests specific wording for the recommended rule 
change. A station using a modem-dependent code must still 
comply with 96.119 Station Identification. 

IV. The League should publish a comprehensive tutorial- 
style operator’s guide for HF digital operations clearly defining 
acceptable operating practices. Such a manual would delin¬ 
eate currently used informal subbands for the various modes 
and styles of operation and the good operating practices that 
are required for effective mutual cooperation and coexistence. 
This Committee will make specific recommendations for the 
content of this guide. 

V. he League should publish technical standards or guide¬ 
lines for the characteristics of signals generated by digital mode 
stations for the purpose of achieving the best possible use of 
the HF spectrum. OSTshould be used as a forum to educate 
the amateur community on the benefits and means of achiev¬ 
ing acceptable signal quality and should review the technical 
characteristics of digital mode products with respect to pub¬ 
lished standards. This Committee will make specific recom¬ 
mendations for these technical standards. 

Appendix A 

The following is suggested wording for an addition to Part 97 
authorizing unattended semi-automatic digital mode operation. 

97.3 Definitions 

( ) Unattended Digital Station - A station in the amateur 
service using an RTTY or data emission that is operated with¬ 
out a control operator present. 

97.216 Unattended Digital Station 

(a) Any amateur station licensed to a holder of a General, 
Advanced or Amateur Extra Class operation license may be an 
unattended digital station. 

(b) An unattended digital station may operate on any fre¬ 

quency below 30 MHz that is authorized for RTTY or data emis¬ 
sion for the class of operator license held. 

(c) An unattended digital station may only use those RTTY 
or data emissions authorized by 97.305 and 97.307. 

(d) No unattended digital station may initiate a contact with 
another station or may broadcast any undirected signal. 

(e) The transmitter of an unattended digital station must 
be equipped with a time-out timer that will insure that no signal 
is transmitted for longer than five minutes in the event of the 
malfunction of control equipment or loss of contact with the ini¬ 
tiating station. 

(f) Any amateur operator initiating contact with an unat¬ 
tended digital station must first ascertain that no interference 
will be caused to existing communications, must be present for 
the duration of the contact, and must discontinue the contact if 
it becomes evident that communications with the unattended 
digital station is interfering with other amateur communications. 
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Appendix B 

To encourage improvements in digital mode communica¬ 
tions and especially to improved spectrum utilization on ama¬ 

teur HF bands, Part 97,97.307 (f) (3) and 97.307 (f) (4), should 

read as follows: 
(3) A RTTY or data emission using a specified code listed 

in 97.309 (a) of this Part may be transmitted. The symbol rate 
must not exceed 300 baud and, for frequency-shift keying, the 
frequency shift between mark and space must not exceed 300 
Hz. A RTTY or data emission using an unspecified digital code 
under the limitations listed in 97.309 (b) of the Part also may 
be transmitted. If an unspecified digital code is transmitted the 
authorized bandwidth is 500 Hz. 

(4) A RTTY or data emission using a specified code listed 
in 97.309 (a) of this Part may be transmitted. The symbol rate 
must not exceed 1200 baud and, for frequency-shift keying, the 
frequency shift between mark and space must not exceed 
1 kHz. A RTTY or data emission using an unspecified digital 
code under the limitations listed in 97.309 (b) of the Part also 
may be transmitted. If an unspecified digital code is transmit¬ 
ted the authorized bandwidth is 2 kHz. 

ADAPTIVE 9600-BIT/S MODEM ADDED TO DSP-12 

The recently released version 1.99 firmware for the 
L. L. Grace’s DSP-12 features a new adaptive 9600-bit/s 
modem that is intended to provide a dramatic improvement in 
9600-bit/s performance, especially with UoSAT-22. The new 
release also incorporates some bug fixes and other enhance¬ 
ments including a new pipe mode. 

• Complete 18-kbyte personal mailbox accessible through pack¬ 
et and AMTOR. 

This new controller eliminates the need for external 

modems for satellite work or high speed data, as all the 

modems exist in software. 
The suggested list price is $799. 

DISCLAIMER 

The descriptions of hardware and software contained in 
this column are merely reports of what is being offered in the 
Amateur Radio marketplace. Your Gateway contributing edi¬ 
tor, QEXand the ARRL in no way warrant the operability, func¬ 
tionality, suitability, or even the existence of what is being 
offered. 

GATEWAY CONTRIBUTIONS 

Submissions for publication in Gateway are welcome. You 
may submit material via the US mail to 75 Kreger Dr, Wolcott, 
CT 06716-2755, or electronically, via CompuServe to user ID 
70645,247, or via Internet to horzepa@evax.gdc.com. Via tele¬ 
phone, your editor can be reached on evenings and weekends 
at 203-879-1348 and he can switch a modem on line to receive 
text at 300, 1200 or 2400 bit/s. (Personal messages may be 
sent to your Gateway editor via packet radio to 
WA1LOU@N4GAA or IP address 44.88.0.14.) 

The deadline for each installment of Gateway is the first 
day of the month preceding the issue date of QEX. 

The firmware may be downloaded 
from CompuServe's HamNet (Library 9). 
Its file name is GCE199.ZIP and it con¬ 
tains downloadable RAM and PROM 
image files and release notes. 

SINGLE-PORT DSP MULTI-MODE 
CONTROLLER RELEASED 

The DSP-1232 Multimode Data 
Controller is now available from AEA. A 
single port version of the DSP-2232, this 
controller features: 

• Packet, AMTOR, Baudot, ASCII, 
Morse Code, NAVTEX, WEFAX. 

• All satellite digital modes. 
• K9NG/G3RUH 9600 bit/s; 2400 bit/s. 
• Automatic identification of most types 

of digital signals. 
• Software DSP modems (future 

upgrades installed on EPROM chips). 
Upload new modems into RAM from 
disk or telephone BBS. 

• Software switchable radio port selec¬ 
tion. 

AMSATHas Established Amateur Radio 
As a Permanent Resident in Space! 

From operating any of 12 Amateur satellites circling the globe today to 
participating in Amateur Radio activities from the Space Shuttle, the benefits of 
space based Amateur Radio are available to you by becoming an AMSAT 
member. Our volunteers design, build and launch state-of-the-art satelites for use 
by Radio Amateurs the world over. We provide educational programs that teach 
our young people about space and Amateur Radio. Most of all, we provide our 
members with an impressive array of member benefits including: 

• Operating aides such as discounted tracking software and land line BBS. 

• An extensive network of volunteers to provide you local technical assistance. 

• The AMSAT Journal, your bi-monthly periodical devoted to the 

Amateur Space program. 

It’s Fun! IPs Easy! It's Exciting! 

JOIN TODAY. For more information, call or write for your free 

information packet. Or send your dues now, check or charge: $30 U.S., 
$36 Canada/Mexico, $45 all else. ($15 towards the AMSAT journal.) 

MIZE 
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The PK232/MBX by AEA 
the only controller offering Morse Code, Baudot, ASCII, AMTOR, Packet, and 

facsimile Transmission & Reception plus the ability to monitor the new Navtex 
marine weather and navigational system,. .7 modes in one controller The PK-232 
makes any RS-232 compatible computer or terminal the complete amateur digital 
operating position. All decoding, signal processing and protocol software is on 
ROM. Only a simple terminal program (like those used with telephone modems) is 
required to interface the PK-232 with your computer. 

If you have any questions concerning these units, or would like to discuss your requirements with a 
knowledgeable specialist, please call and ask for Fred, N6SFD. We also carry a large selection of 
excellent commercial products for data communications and emergency systems as well as a com¬ 
plete inventory of amateur equipment and linear power amplifiers. 

HsmUio 

A unique new mobile data printer. It incorporates a packet con¬ 
troller with a 40 column thermal printer that operates on 13.6 VDC 
and interfaces with any mobile radio. In a recent user test it proved 
to have about twice as much audio level range tolerance as other 
TNCs. It is also an ideal unit for emergency work and a commercial 
version is perfect for dispatching service, emergency and police 
vehicles. 

The TEMPO MPP1 TNC/printer... $195 

PC-AMTOR multi-mode HF data modem 
PC-AMTOR is a multi-mode HF data system for the IBM"1 PC. PC-XT, PC-AT. and Jj 
compatible computers The system includes PC-AMTOR software and the PCI-3000. Jj 
a full-length PC plug-ln card The PCI-3000 has its own on-board microprocessor and JS 
a unique I/O address system PC tasks are therefore streamlined and conflicts with I* 
other PC I/O devices are avoided Our unique "Host Port" allows operation with tjl 
APLink and PC mailbox programs Modes include AMTOR. Baudot RTTV, ASCII “ 
RTTY, and Morse code (CW) AUTO receive makes reception of unknown signals 
easy — press a key and we do the work 

Here's a value you can't beat. . .the basic 8088 
• 101 Keyboard 

• Monochrome monitor 
• 640 K of RAM 

• 360K floppy 

• 2 serial & 1 parallel port 

An excellent starter for both packet and business at the 
incredibly low price of $595. Or for anyone requiring an 
extremely high speedunit at a comparibly low price ask us 
about the models 80286 and 80386. They are perfect for 
business or data communications and we can configure 
them to your requirements. And, of course, these systems 
are covered by a one year warranty. 

PLACE RADIO IS THE HENRY 
PLACE BEST THE 

needs data communications all to 

2050 S. BUNDY DR. LOS ANGELES, CA90025 (310)820-1234 
Toll free order number: (800) 877-7979 FAX(310) 826-7790 



FT-520G/6200 
Dual Band Mobiles 

• Frequency Range: 
FT-5200 

2M: 140-174 MHz RX 

140-150 MHz TX 

70 cm: 430-450 MHz RX/TX 

FT-6200 

70 cm: 430-450 MHz RX/TX 

23 cm: 1240-1300 MHz RX/TX 

• 32 Memories (16 per band) 

Odd splits on any memory 

• CTCSS Encode Built-In 

• Dual Receive with Balance 

Control 

• Full Duplex Cross-Band 

Operation 

• Built-In Antenna Duplexer 

• Backlit DTMF Microphone 

• Automatic 8 Level Display 

Dimmer 

• Built-In Cross-Band Repeat 

• RF Output Power: 
2M: 50/5 watt (high/low) 

70 cm: 35/5 watt (high/low) 

23 cm: 10/1 watt (high/low) 

• Accessories: 
FRC-4 DTMF Paging Unit 

YSK-1L 20' Trunk Mounting 

Kit 

FTS-22 CTCSS Dual Decoder 

SP-7 External Speaker 

DVS-3 Digital Voice 

Recorder Unit 

MW-1 Wireless Microphone 

/Controller 

“The FT-5200 is the smallest dual-band 
transceiver made, and I can mount it 

anyplace!” 

“Yaesu did it agaii 

Recorder Unit W II 

^=i What weighs 5 oz., 
lights up, snaps off and 

fits in your pocket? 

»» 

Don’t have the answer? Yaesu does. It’s the 

exclusive removable front control panel of the 

FT-5200/6200 - the smallest, lowest priced dual-band 

mobile radios made. 

Here's another 

Yaesu exclusive! 

The MW-1 Wireless Mic 

with Remote Control. 

With the use of the optional adjustable control panel 

bracket kit, you can conveniently mount the “smallest” 

control panel almost anyplace in your car and mount the 

transceiver body out of sight. When you leave your car, 

snap off the 5 oz. front control panel and take it with 

you. Now your rig’s secure. For safer autopatch 

operation at night, you’ll find another Yaesu exclusive - 

a back-lit DTMF mic. And there’s also a built-in anten¬ 

na duplexer and easy-to-read dual full-frequency liquid 

crystal display. 

Now you have the answer, too. The FT-5200 

packed with features, affordably priced. Don’t have 

one? Better contact your dealer today! 
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